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IN THE CL ATMS 



1 . (currently amended) An In an end-to-end estimation method of the 

bandwidth available in a olicut - ^iv et connection of client and sftrvp.r established over a 
packet switching network, the improvements comprising: 

coq^puting in a first routine tu ujmput e samples of available bandwidth by taking into 
account the a flow of data packets received by the client and in one RTT time intervals during 
which the data packets are received if the routine is implemented at the client a receiver side 
of the client, or by taking into account acknowledgments or report packets received by a 
sender side of the server Acndci mJl and in one RTT t ime intervals during which 
acknowledgment or report packets are received if the routine is implemented at the server 
sender side; 

computing in a sggsad routine to c o mput e samples of available bandwidth as Ac a 
ratio of the m amount of received data packets over the time interval during which the data 
packets are received if the routine is implemented at the client receiver side, or as the a ratio 
of Ae HI amount of the data packets acknowledged over the time interval during which the 
data packets are acknowledged if the routine is implemented at the server sender side; and 

implemeptinB i" a third routine tlut implem e u ts a discrete time low-pass filter to 
obtain a filtered value of the samples of the available bandwidth. 

2. (currently amended) The end-to-end bandwidth estimation method according 

to claim 1, wherein a sample of available bandwidth bj at time tj is computed as: 
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where 4 is the amomt of data fiackets that have been received at the client receiver side 
or acknowledged at the server sender side in the intetval is the time when the 

previous ACK or the ACK one or more congestion windows of packets before were received 
by the server sender side or the a time when the a previous packet or the packet one or more 
congestion windows of packets before were received by the client receiver side, and is the a 
time when the curtem ACK is received by the server sender side or when the a current packet 
is received by the client receiver side. 

3. (currently amended) The end-to-end bandwidth estimation method according 

to claim 1 , wherein the routine implements a discrete time low-pass filter with time-varying 

coefficients. 



4. (previously presented) The end-tonend bandwidth estimation according to 

claim 2, wherem the available bandwidth samples are computed according to claim 2 and are 
averaged using the discrete-time low-pass filter with time-vaiying coefficients: 



where bj is the fihered measurement of the available bandwidth at time r = . bj,i is the 

filtered measurement of the available bandwidth at time t^.,_ Aj = tj - l/r,is the cut-off 
frequency of the filter, 6, is the sample of the available bandwidth at time r„ and is the 
sample of the available bandwidth at time if a time y/n, (m^2} has elapsed since the last 
received ACK or packet without receiving any new ACK or packet, then the filter ; 



assumes 



PAGE 7/15 ' RCVD AT mm $:08:$0 PiVI [Eastern DayOght rune] ' SVR:USPT0{FXRF-1/3 ' DNiS:2738300 ' CS!D:21224689$9 ' DURATION {iniHS):03-66 



. 05/02/2006 17:10 FAX 2122468959 LAOAS S PARRY LLP NV Igl008/015 

the reception of a virtual sample 6^=0. 

5. (original) Method for adapting the amount of data for unit of time, i.e. the rate, 
sent by the server to the client over a packet network, comprising an end-to-end bandwidth 
estimation according to claim 1. 

6 . (previously presented) Method for adapting the amount of data for unit of time 
sent by the server to the client over a jiacket network, comprising an end-to-end bandwidth 
estimation comprising: 

a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 
sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bandwidth, 

wherein the low-pass filter is a low-pass filter according to claim 3, 

7. (previously presented) Method for adaptively setting congestion window 
(cwnd) and slow start threshold (ssthresh) in the TCP/IP protocol comprising an end-to-end 
bandwidth estimation according to claim 1 to set the windows as follows; 

after a timeout; set ssthresh=min(2, BWE*RTTmin) 
set cwnd=2; 

after 3 dupack: set ssthresh=min(2, BWE*RTTmin) 
set cwnd==ssthre$h; and 

4 
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wherein RTT min is the minimum round trip time and BWE is the available 
bandwidth computed according to claim 1 at the time of timeout or when 3 dupacks or n are 
received. 

8. (previously presented) Method for adaptively setting congestion window and 
slow start threshold in the TCP/IP protocol comprising an end-to-end estimation of the 
bandwidth available according to claim 1. 

9. (currently amended) Method for adaptively selecting the quality of coding, or the 
numbers of layers to be transmitted in a layered coding of an audio/video source using the 
TCP protocol, or the UDP protocol or the RTP protocol, comprising: 

a routine to compute an end-to-end estimation of the available bandwidth according to 
claim 7; 

a routine that selects the quality of coding, or the nucmbers of layers to be transmitted 
in a layered coding of an audio/video so that the sending rate is the closer to the end-to-end 
bandwidth available estimated according to claim 7; and 

a routine to set TCP congestion window and slow start threshold according to claim 7 
in order to send the coded audio/video source. 

10. (previously presented) Method for adaptively selecting the quality of coding, or 
the numbers of layers to be transmitted in a layered coding of an audioA^idco source using the 
TCP protocol, or the UDP protocol or the RTP protocol comprising and end-to-end 
bandwidth estimation comprising: 



5 
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a routine to compute samples of available band>vidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 
sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bandwidth over a packet network, comprising an end-to-end 
bandwidth, 

wherein the low pass filter is a low pass filter according to claim 3. 

1 1. (previously presented) Method for adaptively selecting the quality of coding, or 

the numbers of layers to be transmitted in a layered coding of an audio/video source . 

comprising; 

increasing step by step the quality of coding, or the numbers of layers to be 
transmitted in a layered coding of an audio/video source until congestion is experienced by 

means of control packets; 

setting the quality of coding or select the numbers of layers to be transmitted after that 
a congestion episode is signaled by means of control packets in accottiing with the available 
bandwidth estimation at time of congestion according to claim 1 and increasing again step by 
step the quality of coding or the numbers of layers to be transmitted in a layered coding to 
probe for extra available bandwidth until a congestion episode is experienced again. 

12. (currently amended) Meftod for setting the aa Advertised Window of TCP 

equal to thes minimum of the Advertised Window and the available bandwidth estimate 
times the minimum round trip time, wherein the available bandwidth estimate is computed 
according to claim 1 . 
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13. (previously presented) Method for adapting the amount of data for unit of time 

sent by the server to the client over a packet network, comprising an end-to-end bandwidth 

estimation comprising; 

a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 

sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtewd value of 
the samples of available bandwidth, 

wherein the low pass filter is a low pass filter according to claim 4. 

14. (previously presented) Method for adaptively setting congestion window and 

slow start threshold in the TCP/IP protocol comprising an end^to-end bandwidth estimation 
comprising: 

a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 
sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bandwidth, 

wherein the low-pass filter is a low-pass fiher according to claim 4. 



7 
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or 



15. (previously presented) Method for adaptively selecting the qimlity of coding, 

the numbers of layers to be transmitted in a layered coding of an audio/video source using the 
TCP protocol, or the UDP protocol or the RTP protocol comprising and end-to-end 
bandwidth estimation comprising: 

a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 
sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bandwidth over a packet network, comprising an end-to-end 
bandwidth^ 

wherein the low-pass filter is a low-pass filter according to claim 4. 

16. (previously presented) Method for adaptively selecting the quality of coding, or 

the numbers of layers to be transmitted in a layered coding of an audio/video source 

according to claim 10, comprising: 

increasing step by step the quality of coding, or the numbers of layers to be 

transmitted in a layered coding of an audio/video source until congestion is experienced by 

means of control packets; 

setting the quality of coding or select the numbers of layers to be transmitted after that 
a congestion episode is signaled by means of control packets in according with the bandwidth 
estimation comprising: 
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a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 
sender side; 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of avaUable bandwidth over a packet netwoik, comprising an end-to-end 
bandwidth; and 

increasing again step by step the quality of coding or the numbers of layers to be 
transmitted in a layered coding to probe for extra available bandwidth. 

1 7. (currently amended) Method for setting the Advertised Window of TCP 
equal to the minimum of the Advertised Window and the available bandwidth estimate times 
the minimum round trip time, wherein the available bandwidth is computed according to 
claim 1^ 

18. (canceled) 

1 9. (previously presented) Method for adapting the amount of data for unit of 
time. i.e. the rate, sent by the server to the client over a packet network, comprising an end-to- 
end bandwidth estimation according to claim 3. 

20. (previously presented) Method for adapting the amount of data for unit of 
time, i.e. the rate, sent by the server to the client over a packet network, comprising an end-to- 
end bandwidth estimation according to claim 4. 
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2 1 . (currently amended) The end-to-end bandwidth estimati on method according 

to claim 2, wherein the routine implements a discrete time Iow-pas5 filter with time-varying 
coefficients. 
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